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1
OBTAINING A SPATIAL AUDIO SIGNAL
BASED ON MICROPHONE DISTANCES AND
TIME DELAYS

BACKGROUND

Microphone arrays capture audio signals. These micro-
phone arrays may include directional microphones which are
sensitive to a particular direction to capture audio signals.
Other microphone arrays may include non-directional micro-
phones, also referred to as omni-directional microphones,
which are sensitive to multiple directions to capture audio
signals.

BRIEF DESCRIPTION OF THE DRAWINGS

In the accompanying drawings, like numerals refer to like
components or blocks. The following detailed description
references the drawings, wherein:

FIG. 1is a block diagram of an example computing device
including a microphone array with a first and a second micro-
phone to receive a first and second audio signal, the example
computing device is further including a processor to deter-
mine a virtual time delay corresponding to a virtual distance
to obtain a spatial audio signal;

FIG. 2A is a diagram of an example microphone array with
a first and a second microphone to receive audio signals from
a source, the first microphone positioned at an actual distance
“d” from the second microphone;

FIG. 2B is a diagram of an example virtual microphone
array with a first and a second microphone associated with a
virtual distance “D” and a virtual time delay;

FIG. 2C is a diagram of the example microphone array and
the example virtual microphone array as in FIGS. 2A-2B, to
obtain a spatial audio signal based on actual and virtual dis-
tances and actual and virtual time delays;

FIG. 3 is a flowchart of an example method to receive a first
and a second audio signal at a first and second microphone,
determine a virtual time delay corresponding to a virtual
distance, and obtain a spatial audio signal;

FIG. 4 s a flowchart of an example method to receive audio
signals, obtain a spatial audio signal using sound pressure
level differences and virtual amplitudes, and output the spa-
tial audio signal; and

FIG. 5 is a block diagram of an example computing device
with a processor to process a first and a second audio signal to
output a spatial audio signal.

DETAILED DESCRIPTION

Devices are becoming increasingly smaller, thus limiting
the space available to place associated components such as
microphones. These space constraints may prove to be a
challenge in providing spatially captured audio signals. Spa-
tial audio, as described herein, refers to producing and/or
capturing audio with respect to a location of a source of the
audio. For example, the closer microphone elements are to
one another, the more similar these signals appear. The more
similar the captured audio signals appear, the more likely the
spatial aspect to these audio signals may be lost. Additionally,
directional microphone elements may be used to capture spa-
tial audio signals, but these types of microphone elements are
often expensive and may need additional spacing between the
microphone elements.

To address these issues, examples disclosed herein provide
a method to receive a first and a second audio signal at a first
and a second microphone, respectively. The first microphone
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is positioned an actual distance from the second microphone.
Additionally, the second audio signal is associated with an
actual time delay relative to the first audio signal. Capturing
the first and the second audio signals with an actual distance
and an actual time delay enables the microphone elements to
be spaced closely together to capture spatial audio signals.
This further enables the microphone elements for use with
limited space.

Additionally, the example method determines a virtual
time delay corresponding to a virtual distance, the virtual
distance is different from the actual distance. The method
obtains a spatial audio signal based on the actual distance,
virtual distance, actual time delay, and the virtual time delay.
Using the actual and virtual parameters, it enables the cap-
tured audio signals to be modified, providing the spatial audio
signal. Obtaining the spatial audio signal enables the audio
signals to be captured on devices with given space con-
straints. This further provides the spatial aspect to the audio
signals, even though the captured audio signals may appear
similar to one another due to a small actual distance “d.”

In another example, the microphone elements used to cap-
ture the audio signals are non-directional microphones. These
types of microphone elements are less expensive and provide
a more efficient solution to capture audio signals, as non-
directional microphones may capture audio from multiple
directions, without sensitivity in any particular direction.

In summary, examples disclosed herein provide an
enhanced audio quality by producing a spatial audio signal,
even though spacing may be limited in the device housing the
microphone elements. Additionally, the examples provide a
more efficient method to obtain the spatial audio signal.

Referring now to the figures, FIG. 1 is a block diagram of
an example computing device 102 including a microphone
array 104 with a first microphone 116 and a second micro-
phone 118. These microphones 116 and 118 are positioned
with an actual distance “d,” from each other. Additionally, the
microphones 116 and 118 each receive a first audio signal 108
and second audio signal 110 respectively. The computing
device 102 also includes a processor 106 to determine a
virtual time delay corresponding to a virtual distance at mod-
ule 112 to obtain a spatial audio signal 114. The computing
device 102 captures audio through the use of the microphones
116 and 118 as such, implementations of the computing
device 102 include a client device, computing device, per-
sonal computer, desktop computer, mobile device, tablet, or
other type of electronic device capable of receiving audio
signals 108 and 110 to produce the spatial audio signal 114.

The audio signals 108 and 110 are considered sound waves
of oscillating pressure levels composed of frequencies gen-
erated from a spatial audio source 100 received at each of the
microphones 116 and 118. The pressure levels as indicated by
magnitudes of amplitudes in the wave forms, are captured by
the microphone array 104 through sensors. The time delay
and the pressure level difference between the signals 116 and
118 help determine how near or far of the location of the audio
source 100. The second audio signal 110 is received at a time
delay relative to when the first audio signal 108 is captured by
the first microphone 116. In this regard, each audio signal 108
and 110 is captured by each of the microphones 116 and 118
at different times (i.e., different arrival times). Implementa-
tions of the audio signals 108 and 110 include an audio
stream, sound waves, sequence of values, or other type of
audio data.

The microphone array 104 is an arrangement of the micro-
phones 116 and 118. In one implementation, the microphone
array 104 includes microphones 116 and 118 and additional
microphones not illustrated in FIG. 1. In a further implemen-
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tation, the microphone array 104 consists of multiple non-
directional (i.e., omni-directional) microphones to capture
audio signals 108 and 110 from multiple directions.

The first and the second microphones 116 and 118 are
acoustic to electric sensors which convert each of the audio
signals 108 and 110 to electrical signals. The microphones
116 and 118 capture the audio signals 108 and 110 through
sensing the pressure level differences when arriving at each
microphone 116 and 118. In this operation, the greater the
pressure level difference of the audio signal 108 or 110 indi-
cates the source of the audio signals 108 and 110 is closer to
the microphone array 104 at an angle near the side of the
microphone array. In turn, the lesser the magnitude of the
pressure level difference indicates the source of the audio
signals 108 and 110 is further away from or at an angle
perpendicular to the front of the microphone array 104. This
enables the computing device 102 to recreate the spatial audio
signal 114 through processing the pressure level differences.
In one implementation the microphones 116 and 118 are
spaced closely together (e.g., five centimeters or less), to
receive audio signals 108 and 110. Spacing the microphones
116 and 118 closely together, enables the microphones 116
and 118 to capture audio with space constraints associated
with the computing device 102; however, this spacing may
cause challenges when recreating the spatial audio signal 114
from the captured audio signals 108 and 110. For example,
since the microphones 116 and 118 are closely spaced
together, there is less time delay between the audio signals
108 and 110, thus it appears the audio signals 108 and 110 are
the same signal rather than two different signals. The simi-
larity of the captured audio signals 108 and 110 is depicted in
FIG. 1 with each of the audio signals 108 and 110 varying
little between each other. Thus, the virtual time delay is
obtained based on the virtual distance as at module 112 to
recreate the spatial audio signal 114. Implementations of the
microphones 116 and 118 include a transducer, sensor, non-
directional microphone, directional microphone, or other
type of electrical device capable of capturing sound.

The processor 106 executes module 112 to obtain the spa-
tial audio signal 114. In another implementation, the proces-
sor 106 analyzes the audio signals 108 and 110 to determine
the parameters of the spatial audio signal 114. In a further
implementation, the processor 106 calculates the spatial
audio signal 114 given an actual distance, “d,” and a given
virtual distance. This implementation is explained in further
detail in the next figures. Implementations of the processor
106 include a microchip, chipset, electronic circuit, micro-
processor, semiconductor, microcontroller, central process-
ing unit (CPU), graphics processing unit (GPU), or other
programmable device capable of executing module 112 to
obtain the spatial audio signal 114.

The module 112 executed by the processor 106 determines
a virtual time delay corresponding to a virtual distance. In
another implementation, the virtual distance is a greater dis-
tance than the actual distance, “d.” The virtual time delay and
the virtual distance are considered the optimal parameters to
obtain the spatial audio signal 114. For example, the virtual
distance may be a pre-defined spacing which mimics the
microphone array 104 spacing in a greater spacing arrange-
ment, but due to space constraints in the computing device
102 housing the array 104, the microphones 116 and 118 may
be closely spaced together. The virtual distance mimics the
microphone spacing in a greater spacing arrangement in
which this optimal spacing distance between the micro-
phones 116 and 118 captures the audio signals 108 and 110 as
independent signals with greater variation between the pres-
sure level differences and the time delays than the audio
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signals depicted in FIG. 1. This is explained in further detail
in the next figures. Implementations of the module 112
include a set of instructions, instruction, process, operation,
logic, algorithm, technique, logical function, firmware, and
or software executable by the processor 106 to determine a
virtual time delay corresponding to a virtual distance.

The spatial audio signal 114 is recreation of the audio
signals 108 and 110 with respect to a location of a source (not
pictured) emitting a signal. The spatial audio signal is a modi-
fication of'the audio signals 108 and 110 to capture the spatial
aspect of the source emitting a signal. The greater the pressure
differences (i.e., the magnitudes of amplitude) in the audio
signals 108 and 110 indicates the source of the sound is closer
to and located at an angle near the side of the microphones
116 and 118 to capture the audio. For example, assume the
source is closer to the first microphone 116, then the first
audio signal 108, x,(t), will have a larger magnitudes of
amplitude than the second audio signal 110 x,(t). The dashed
line of the spatial audio signal 114 represents the spatial
aspect to the audio signal y(t) indicating a creation of existing
signals 108 and 110. The first audio signal 108 x,(t) and the
second audio signal x,(t) 110 are each represented by a con-
tinuous line indicating captured audio signals at the micro-
phones 116 and 118.

FIG. 2A is a diagram of an example microphone array with
afirst microphone 216 to receive a first audio signal x‘*(t) and
a second microphone 218 to receive a second audio signal
x@(t). The first microphone 216 is positioned at an actual
distance, “d,” from the second microphone 218. The audio
signals x"(t) and x®(t), each represent what each of the
microphones 216 and 218 capture with regards their location
from a source s(t). The source s(t) produces a single audio
signal; however each of the microphones and 216 and 218
receive their respective audio signals x*(t) and x@(t). These
audio signal waveforms, x"(t) and x®(t), represent the close
similarity in time between the two audio signals because of
the close proximity of microphones 216 and 218, the close
proximity is indicated by the actual distance “d.” As
explained earlier, each of the captured audio signals, x‘*(t)
and x®(t), appear very similar to one another with little
variation between the magnitude and time delay. The similar-
ity between the captured audio signals, x‘"(t) and x®(t),
make it difficult to determine the spatial aspect to the audio
signal. The spatial aspect to the audio signal is primarily
obtained by the time delay and pressure level differences
between the captured audio signals, x‘(t) and x®(t). As
such, since these signals appear very similar, the spatial
aspect may be lost, thus virtual parameters of the optimal
distance and optimal time delay are obtained to reflect the
spatial aspect as in FIGS. 2B-2C. The first microphone 216
and the second microphone 218 are similar in structure and
functionality to the first microphone 116 and the second
microphone 118 as in FIG. 1.

FIG. 2B is an example virtual microphone array with the
first microphone 216 and the second microphone 216 associ-
ated with a virtual distance, “D.” The virtual distance, “D,” is
used to determine a virtual time delay corresponding to this
distance. The virtual distance, “D,” is considered an optimal
distance to space the microphones 216 and 218, but due to
space constraints, this distance may not be possible. For
example, the virtual distance, “D,” may be a larger distance
than the actual distance, “d,” as in FIG. 2A. The virtual
distance, “D,” mimics the optimal spacing between the
microphones 216 and 218 to obtain the captured spatial audio
signals, y¢"(t) and y(t), with greater variation in the mag-
nitude of the amplitudes and the time delay. The greater
variation of the magnitude of the amplitudes and the time
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delay between the spatial audio signals, y**(t) and y®(t),
ensures the spatial aspect of the audio signals from the
sources s(t) is accurately captured. The spatial aspect of the
captured audio signals, y(t) and y‘®(t), is obtained based on
the differences with the amplitudes and the time delay. The
variation between the spatial audio signals, y™(t) and y&(t),
is depicted in FIG. 2B demonstrating these signals are con-
sidered different signals. For example, y‘®(t) is received with
a greater time delay than y‘*(t) as indicated with the flat line
until representing the amplitudes of the spatial signal, y&(t).

FIG. 2C is a diagram of an example actual microphone
array as in FIG. 2A and an example virtual microphone array
as in FIG. 2B. The microphone arrays are used to obtain the
spatial audio signals, y(t) and y®(t), based on the actual
distance, “d,” virtual distance, “D,” actual time delay, “d,” and
virtual time delay, “T”” The actual distance, “d,” spaced
microphone elements 216 and 218 capture signals x*")(t) and
x@(t), in such a way that y*’(t) and y®(t) are simulated using
Equations (1) and (2). With closely spaced microphone ele-
ments 216 and 218 to capture audio signals x*(t) and x®(t),
the spatial audio signals y'(t) and y(t) are simulated as if
there was a larger virtual distance, “D,” by obtaining the
virtual time delay T and amplitudes A, and A, corresponding
to the larger virtual distance, “D.” These parameters are deter-
mined by given the actual time delay, ““9,” actual distance, “d,”
and the virtual distance, “D.”

The Equations (1) and (2) represent the captured spatial
signals, y(t) and y®(t), as if the microphones were spaced
further apart with the virtual distance, “D,” as indicated with
the dashed lines.

YO(D=4,xO@F) Equation (1)

A=A -1)

Equations (1) and (2) simulate the spatial captured audio
signals, using the given actual distance, “d,” and virtual dis-
tance, “D,” and the actual time delay, “9” of the second audio
signal x®(t) with respect to the first audio signal x*’(t). The
virtual time delay T is considered the time delays of the
spatial audio signals, y*"(t) and y®(t), based on the virtual
distance, “D.” The virtual time delay difference of the second
spatial audio signal y‘®(t) with respect to the first audio
spatial signal y**(t) is considered a greater time difference
than the actual time delay, “d,” as it may take a longer time for
the second spatial audio signal to reach the second micro-
phone since it is a greater distance, “D.” The amplitudes, A,
and A, are considered magnitudes of pressure level differ-
ences sensed by each of the microphones 216 and 218. Each
of'these pressure level differences indicate how far the source
s(t) is at each microphone 216 and 218. For example, the
magnitude of amplitude A, is smaller than A, indicating the
source s(t) is farther away from the second microphone 218
than the first microphone 216.

FIG. 3 is a flowchart of an example method to receive a first
and a second audio signal at a first and second microphone,
determine a virtual time delay corresponding to a virtual
distance, and obtain a spatial audio signal. In discussing FIG.
3, references may be made to FIGS. 1-2C to provide contex-
tual examples. Further, although FIG. 3 is described as imple-
mented by a processor 106 as in FIG. 1, it may be executed on
other suitable components. For example, FIG. 3 may be
implemented in the form of executable instructions on a
machine readable storage medium, such as machine-readable
storage medium 504 as in FIG. 5.

At operation 302, the first microphone receives the first
audio signal. The first microphone is positioned at an actual
distance, “d,” from a second microphone. The actual distance,

Equation (2)
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“d,” is considered a close proximity distance (e.g., five cen-
timeters or less). Positioning the microphones close together
as in FIG. 2A, provides little variation between the captured
audio signals, as seen with x®(t) and x®)(t). Little variation
makes the captured audio signals appear similar to one
another as the signals received at operations 302-304 may
have little variation in the arrival times at each microphone.
Little variation between these received signals make it diffi-
cult to obtain the spatial audio signals as the captured audio
signals at each microphone appear to be the same audio signal
or may appear to be an audio signal captured at a single
microphone. This decreases the level of quality as the spatial
aspect to the audio signal may be lost. In another implemen-
tation, operation 302 includes the processor processing the
first audio signal received at the first microphone.

At operation 304, the second microphone receives a second
audio signal. The second audio signal is associated with an
actual time delay relative the first audio signal. A source may
emit a single audio signal, of which are captured as two audio
signals at operations 302-304. The actual time delay at opera-
tion 304 may be less than the virtual time delay at operation
306. In one implementation, the second microphone receives
the second audio signal some time after receiving the first
audio signal at operation 302. In another implementation,
operation 304 includes the processor processing the first and
the second audio signals received at operations 302-304 to
obtain the actual time difference between the two audio sig-
nals.

At operation 306, the processor determines a virtual time
delay corresponding to a virtual distance. The virtual dis-
tance. “D,” is considered a different distance than the actual
distance, “d,” between the microphones at operation 302. The
virtual distance, “D,” is a pre-defined parameter used if there
were no space constraints to obtain the spatial audio capture.
In one implementation, the virtual distance, “D,” is consid-
ered greater than the actual distance, “d.” The virtual distance,
“D,” mimics the microphone array spacing in a greater spac-
ing arrangement, but due to space constraints in the device
housing the microphones, the microphones may be closely
spaced together. The virtual parameters, including the virtual
time delay and the virtual distance, “D,” mimic the optimal
distance and the optimal time delay for the microphones to
capture the spatial audio signals, such as y(t) and y‘®(t) as
in FIG. 2B. This provides spatial audio capture when the
microphones are within close proximity of one another, with
little variation between the received audio signals.

At operation 308, the processor obtains the spatial audio
signals based on the distances and the time delays obtained at
operations 302-306. In one implementation, the processor
calculates the spatial audio signals given the actual distance,
“d,” virtual distance, “D”, actual time delay “9,” and the
virtual time delay “T”” In this implementation, the distances,
“d,” and “D,” may be utilized to calculate the virtual time
delay T as in Equations (1) and (2) in FIG. 2C. These dis-
tances and time delays are used to obtain the magnitudes of
amplitudes, A, and A, to recreate the spatial audio signals
y (1) and y*(t) as in FIG. 2C.

FIG. 4 is a flowchart of an example method to receive audio
signals, obtain a spatial audio signal using sound pressure
level differences and virtual amplitudes, and output the spa-
tial audio signal. In discussing FIG. 4, references may be
made to FIGS. 2A-2C to provide contextual examples. Fur-
ther, although FIG. 4 is described as implemented by a pro-
cessor 106 as in FIG. 1, it may be executed on other suitable
components. For example, FIG. 4 may be implemented in the
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form of executable instructions on a machine readable storage
medium, such as machine-readable storage medium 504 as in
FIG. 5.

At operations 402-406, the first microphone receives the
first audio signal, the second microphone receives the second
audio signal, the processor determines a virtual time delay
corresponding to a virtual distance. The received audio sig-
nals at operations 402 and 404 and the virtual time delay and
virtual distance are used to obtain the spatial audio signal at
operation 408. Operations 402-406 may be similar in func-
tionality to operations 302-306 as in FIG. 3.

At operation 408, the processor obtains the spatial audio
signal. In one implementation, the processor calculates the
spatial audio signal as in FIG. 2C. In another implementation,
the processor obtains multiple spatial audio signal(s),
depending on the number of captured audio signals. This
dependence may include a one-to-one correspondence.
Operation 408 may be similar in functionality to operation
308 as in FIG. 3.

At operation 410 the processor obtains the sound pressure
level difference to produce the spatial audio signal. The sound
pressure level is the difference between the pressure as at one
of microphones without an audio signal and the pressure
when the audio signal is received at that given microphone.
The sound pressure level difference is considered the change
in the sound energy over time in a given audio signal. In one
implementation, operation 410 applies an inter-aural level
difference (ILD), and in another implementation, operation
410 can also apply an inter-aural time difference (ITD) to
obtain the spatial audio signal. In this implementation, the
second audio signal received at operation 404 is associated
with the actual time delay relative to the first audio signal.
Applying (ILD) and/or (ITD) enables an arbitrary virtual
distance, “D,” to obtain the virtual time delay, “T,” and virtual
magnitudes for the spatial audio capture corresponding to the
human’s binaural hearing. The second audio signal is pro-
cessed with the virtual time delay obtained at operation 406 to
produce the spatial audio signal corresponding to the inter-
aural time difference.

At operation 412, the processor determines the virtual
amplitude of the spatial audio signal given the actual distance,
virtual distance, actual time delay, and the virtual time delay.
Inthis implementation, the processor calculates the equations
(1) and/or (2) as in FIG. 2C to determine the virtual amplitude
A, and/or A,. In another implementation, the virtual ampli-
tudes are used to produce the spatial audio signal correspond-
ing to an inter-aural level difference.

At operation 414, the computing device may output the
spatial audio signal obtained at operation 408. Outputting the
audio signal(s) may include rendering the audio signal(s) on
adisplay, using as input to another application, or creating the
sound of the spatial audio signal(s) to output on a speaker
associated with the computing device.

FIG. 5 is a flowchart of an example computing device 500
with a processor 502 to execute instructions to execute
instructions 506-516 within a machine-readable storage
medium 504. Specifically, the computing device 500 with the
processor 502 is to process a first and a second audio signal to
output a spatial audio signal.

Although the computing device 500 includes processor
502 and machine-readable storage medium 504, it may also
include other components that would be suitable to one
skilled in the art. For example, the computing device 500 may
include the microphone array 104 as in FIG. 1. The comput-
ing device 500 is an electronic device with the processor 502
capable of executing instructions 506-516, and as such
embodiments of the computing device 500 include a comput-
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ing device, mobile device, client device, personal computer,
desktop computer, laptop, tablet, video game console, or
other type of electronic device capable of executing instruc-
tions 506-516. For example, the computing device 500 may
be similar in structure and functionality to the computing
device 102 as in FIG. 1.

The processor 502 may fetch, decode, and execute instruc-
tions 506-516 to output a spatial audio signal. Specifically,
the processor 502 executes: instructions 506 to process a first
audio signal received at a first microphone positioned at an
actual distance from a second microphone; instructions 508
to process a second audio signal received at the second micro-
phone, the second audio signal associated with an actual time
delay relative to the first audio signal; instructions 510 to
produce a spatial audio signal corresponding to an inter-aural
time difference; instructions 512 to obtain a virtual time
delay; instructions 514 to produce the spatial audio signal
corresponding to the inter-aural level difference; and instruc-
tions 516 to output the spatial audio signal. In one embodi-
ment, the processor 502 may be similar in structure and
functionality to the processor 106 as in FIG. 1 to execute
instructions 506-516. In other embodiments, the processor
502 includes a controller, microchip, chipset, electronic cir-
cuit, microprocessor, semiconductor, microcontroller, central
processing unit (CPU), graphics processing unit (GPU),
visual processing unit (VPU), or other programmable device
capable of executing instructions 506-516.

The machine-readable storage medium 504 includes
instructions 506-516 for the processor 502 to fetch, decode,
and execute. In another embodiment, the machine-readable
storage medium 504 may be an electronic, magnetic, optical,
memory, storage, flash-drive, or other physical device that
contains or stores executable instructions. Thus, the machine-
readable storage medium 504 may include, for example, Ran-
dom Access Memory (RAM), an Electrically Erasable Pro-
grammable Read-Only Memory (EEPROM), a storage drive,
amemory cache, network storage, a Compact Disc Read Only
Memory (CDROM) and the like. As such, the machine-read-
able storage medium 504 may include an application and/or
firmware which can be utilized independently and/or in con-
junction with the processor 502 to fetch, decode, and/or
execute instructions of the machine-readable storage medium
504. The application and/or firmware may be stored on the
machine-readable storage medium 504 and/or stored on
another location of the computing device 500.

In summary, examples disclosed herein provide an
enhanced audio quality by producing a spatial audio signal,
even though spacing may be limited in the device housing the
microphone elements. Additionally, the examples provide a
more efficient method to obtain the spatial audio signal.

I claim:
1. A method comprising:
receiving a first audio signal at a first microphone posi-
tioned at an actual distance from a second microphone;
receiving a second audio signal at the second microphone,
wherein the second audio signal is associated with an
actual time delay relative to the first audio signal;
determining a virtual time delay corresponding to a virtual
distance, wherein the virtual distance is different from
the actual distance; and
obtaining a spatial audio signal based on the distances and
the time delays.
2. The method of claim 1 wherein the virtual time delay is
greater than the actual time delay and the virtual distance is
greater than the actual distance.
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3. The method of claim 1 wherein obtaining the spatial
audio signal based on the distances and the time delays is
further comprising:

processing the first and the second audio signals to obtain

a sound pressure level difference of the spatial audio
signal.

4. The method of claim 1 wherein the first microphone and
the second microphone are non-directional microphones.

5. The method of claim 1 wherein the actual distance is
equal to or less than five centimeters and the virtual distance
is greater than five centimeters.

6. The method of claim 1 further comprising:

outputting the spatial audio signal.

7. The method of claim 1 further comprising:

determining a virtual amplitude of the spatial audio signal

based on the actual distance, virtual distance, and the
virtual time delay.

8. A computing device comprising:

a microphone array to:

receive a first audio signal at a first microphone posi-
tioned at an actual distance from a second micro-
phone;

receive a second audio signal at the second microphone,
the second audio signal associated with an actual time
delay relative to the first audio signal; and

a processor to:

determine a virtual time delay corresponding to a virtual
distance, wherein the virtual distance is greater than
the actual distance; and

determine a spatial audio signal based on the distances
and the time delays.

9. The apparatus of claim 8 further comprising:

an output to render the spatial audio signal.

10. The computing device of claim 8 wherein to determine
the spatial audio signal based on the distances and the time
delays, the processor is further to:

determine a virtual amplitude of the spatial audio signal

based on the time delays and distances.

11. The computing device of claim 8 wherein the virtual
time delay is greater than the actual time delay.

12. A non-transitory machine-readable storage medium
encoded with instructions executable by a processor of a
computing device, the storage medium comprising instruc-
tions to:
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process a first audio signal at a first microphone positioned
at an actual distance from a second microphone;

process a second audio signal at a second microphone,
wherein the second audio signal is associated with an
actual time delay relative to the first audio signal;

obtain a virtual time delay based on the first and the second
audio signal, the virtual time delay corresponding to a
virtual distance greater than the actual distance; and

output a spatial audio signal based on the distances and the
time delays.

13. The non-transitory machine-readable storage medium
of'claim 12 wherein the second audio signal is associated with
the actual time delay relative to the first audio signal is pro-
cessed with the virtual time delay to produce another spatial
audio signal corresponding to an inter-aural time difference.

14. The non-transitory machine-readable storage medium
of claim 12 wherein to process the first and the second audio
signal with virtual amplitudes to produce another spatial
audio signal corresponding to an inter-aural level difference.

15. The non-transitory machine-readable storage medium
of claim 12 wherein the first and the second microphone are
non-directional microphones such that the first and the sec-
ond audio signals are received without sensitivity in a direc-
tion.

16. The apparatus of claim 1, wherein the received first
audio signal is delayed by the virtual time delay relative to the
second audio signal when the first microphone is spaced apart
from the second microphone by the virtual distance.

17. The computing device of claim 8, wherein the micro-
phone array has a housing defining a maximum spacing
between the first microphone and the second microphone, and
the virtual distance is greater than the maximum spacing.

18. The non-transitory machine-readable storage medium
of claim 12, wherein the virtual distance comprises a first
distance in which, if the first and second microphones are
positioned apart by the first distance, produces a correspond-
ing larger pressure difference represented by signals received
at the first and second microphones than a pressure difference
represented by the first and second audio signals with the first
and second microphones being positioned apart by the actual
distance.



